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Summary 

When a sound signal is companded (i.e. compressed and expanded) programme- 
modulated noise is added. Tests have been conducted to determine the levels of 
programme-modulated quantising noise which accompany a sound signal after it has 
been subjected to a number of digital companding processes, and the extent to which 
sound signals are impaired by different combinations of the BBC NICAM-3 and the 
two types of A-law companding systems. 

The conclusions drawn from this work are that the programme-modulated noise 
introduced by a sound-programme connection comprising two or more different digital 
companding systems with digital interconnections between the systems is at a level 
determined by one of the A-law processes. When further compandors of a type already 
present are added to a connection comprising a single companding system or a number 
of companding systems there is little or no increase in the level of programme- 
modulated quantising noise. 
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1 . Introduction 

A number of companding (compressing and 
expanding) techniques have been proposed for 
reducing the bit rate of high-quality p.c.m. (pulse- 
code modulation) sound signals, in order to 
increase the programme-carrying capacity of 
digital links. Because these links quantise the high- 
amplitude sound signals more coarsely than the 
low-amplitude signals, the quantising noise is at a 
higher level with high-amplitude signals than with 
low-amplitude signals. The signal itself tends to 
mask this programme-modulated noise, particular- 
ly if pre-emphasis is used, but if a number of 
compandors are connected in cascade to form a 
sound-programme connection the programme- 
modulated noise may rise to a level where it 
becomes obtrusive to the listener. 

In a previous study of programme-modulated 
noise levels in companding systems, tests were 
conducted with compandors of the same type 
connected in cascade via digital-to-analogue and 
analogue-to-digital converters (d.a.cs. and 
a.d.cs.). 1 ^ When a number of digital companding 
systems are interconnected in this way, a progress- 
ive increase in the programme-modulated quantis- 
ing noise occurs as the signal is subjected to each 
successive companding process. This cumulative 
increase in the noise occurs because conversion of 
the sound signal into analogue form and back 
again changes slightly the values of the digital code 
words applied to each successive compressor, so 
that each compression operation is different. Con- 
sequently, the accuracy with which the digital code 
words represent the original analogue sample 
values progressively diminishes. 

By making direct digital connections between 
the expander of one companding system and the 
compressor of the next (i.e. at the point where the 
signal comprises linearly-coded digital samples)* it 
is possible to remove the cause of this cumulative 
increase in programme-modulated noise. In a Jink 
comprising only instantaneous compandors the 
quantising noise levels are then determined by the 
compandor with the lowest resolution, and no 

* Note that although the samples are linearly coded at this point, they 
are not uniformly-quantised as they have been companded at least 
once. 



increase in quantising noise occurs on adding 
further instantaneous compandors. In a link which 
includes near-instantaneous compandors the com- 
pression of samples in blocks, which is character- 
istic of this type of system, can cause samples to be 
subjected to different degrees of compression in 
successive compandors. This can cause a progress- 
ive increase in programme-modulated noise. The 
increase in programme-modulated noise depends 
upon the occurrence of high-amplitude samples 
relative to low-amplitude samples, the relative 
numbers of high- and low-amplitude samples, and 
the samples selected by the compandors to form 
into blocks; this cannot readily be calculated, so 
tests and measurements are necessary to determine 
the overall effect. Actual compandors are not 
required, however, as the quantising noise pro- 
duced by them can be reproduced by a real-time 
digital audio computer. 

This Report describes tests conducted using a 
COPAS* microcomputer 3 to reproduce the 
programme-modulated quantising noise character- 
istics of up to four cascaded compandors, involving 
combinations of the same or different types of 
compandor with the sound signal remaining in 
digital form at the connections between 
compandors. 

2. Characteristics of the companding 
systems tested 

Three companding systems were involved in 
the tests described in this Report. These were the 
original A-law instantaneous system in which 
digital sound samples are coded as 10-bit digital 
words for transmission, a more recent A-law 
system 4 in which the sound samples are coded as 
1 1-bit digital words and the NICAM-3f near- 
instantaneous companding system. 

The original A-law system codes the signal 
initially with 14 bits per sample, with subsequent 
compression to 10 bits per sample. Compression is 
achieved by retaining the closely-spaced quantis- 
ing levels for low-level signals, but making the 

•COPAS is an acronym denoting COmputer for /"recessing AuA\o 

Signals. 

f'NICAM" stands for "near-instantaneous companding audio 
multiplex". 
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quantum steps progressively larger towards the 
extremities of the coding range according to a fixed 
law (the A-Jaw). Figure J shows the positive 
quadrant of the A-law compression characteristic, 
which comprises a number of straight-line segments. 
The exact complementary expansion characteristic 
is embodied in the decoder. 

The degree of compression and expansion of 
the signal is thus determined by the instantaneous 



value of each sound sample, according to the 
characteristic of Fig. 1 (or the equivalent character- 
istic for negative-valued samples). The coding of 
samples with the highest values corresponds to 
linear coding with a resolution of 8 bits per sample. 

The later version of the A-law system also 
uses the instantaneous compression characteristic 
shown in Fig. 1, but with one extra bit per sample 
transmitted. This means that the effective reso- 
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lution of the highest level samples is increased to 9 
bits per sample. The resolution of samples at lower 
levels is also increased by 1 bit per sample, except 
for samples in the lowest amplitude range (i.e. 
samples which would be coded at 15 bits per 
sample according to the steepest segment of the A- 
law characteristic are transmitted as 14-bit words, 
with the same resolution as samples coded accord- 
ing to the next steepest segment) because the 
increase in resolution from 14 bits per sample to 15 
bits per sample is considered unnecessary. 4 * 

*The iniermittently-available unused leasi-significanl bit may be 
useful for signaling applications. 



In a near-instantaneous companding system, 
all sound samples in successive blocks of digital 
samples are coded with a resolution determined by 
the size of the largest sample in each block. A 
separate scale-factor word is transmitted to inform 
the receiving terminal of the coding resolution for 
each block of samples. 

The NICAM-3 system forms the 14-bit digital 
samples into blocks of 32, and compresses them 
into 10- bit words for transmission. Figure 2 shows 
the compression characteristics of the 5-range 
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Fig. 3 - Flowchart for the COPAS multiple compandor program. 
Note: a maximum of four companding subroutines plus the delay subroutine may be selected by setting the flags 

CI to C9. 
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NICAM-3 compandor. AJ1 of the samples in each 
block are coded for transmission according to the 
characteristic with the steepest slope which can 
accommodate the largest sample within the coding 
range. The coding of samples with the highest 
values corresponds to linear coding with a reso- 
lution of 10 bits per sample. 

3. Using COPAS to reproduce compandor 
characteristics 

As mentioned in the introduction, a COPAS 
microcomputer was used to reproduce the 
programme-modulated noise characteristics of the 
different companding systems. Programs for the 
individual systems were developed initially, and 
then combined in a multiple-compandor program 
so that the programme-modulated noise of a 
number of cascaded compandors could be studied. 
COPAS was found to be sufficiently fast to 
reproduce the characteristics of up to four compan- 
dors simultaneously, subject to a maximum of two 
NICAM-3 processes being included at any time. 

A flowchart for the multiple compandor 
program is shown in Fig. 3. By setting the 
program-selection flags CI to C9 either to zero or 
to a value other than zero, combinations of the 
same or different compandors may be introduced 
into the signal path, A delay subroutine is included 
in the program, and when two NICAM-3 processes 
are selected a 16-sample delay may be introduced 
so that the second compressor does not form the 
same groups of 32 samples into blocks, but takes 
the last 16 samples from one block and the first 16 
samples from the next block for the second 
compression operation. By doing this, the second 
NICAM-3 process avoids applying the compand- 
ing process to exactly the same blocks as before. 
The delay subroutine uses part of the COPAS 
random-access memory (RAM) as a simple first- 
in/first-out (FIFO) store. Single subroutines repres- 
ent up to three of either type of A-law companding 
process, and two separate subroutines represent 
NICAM-3 processes. 

The acquisition of digital sound samples from 
the analogue-to-digital converter (a.d.c.) and the 
application of the processed sound samples to the 
digital-to-analogue converter (d.a.c.) are repre- 
sented on the flowchart by coloured arrows, to 
distinguish the flow of data from the program 
sequence (represented by the arrows printed in 
black). This distinction is made in all the flowcharts 
contained in this Report. 

The repetition rate of the program is synch- 
ronised to a 32 kHz sampling-rate clock, derived 



from the COPAS master clock, by the programme- 
locked loop at the bottom of the flowchart. The 
32 kHz clock signal (known as the "programme 
start pulse") is also used by the a.d.c. and d.a.c. as 
a sampling-rate clock, so that the converters and 
computer operate synchronously. 

Figure 4 shows the flowchart for the original 
(14/10-bit) A-law subroutine. The magnitude part 
of each sign-magnitude coded sound sample is 
examined, and then truncated using the "AND" 
operation appropriate to the magnitude of the 
sample.* The process is completed by the addition 
of a rounding number and the restoration of the 
sign bit to re-form the complete, truncated digital 
sound sample. 



The flowchart of Fig. 4 represents one possible 
approach for representing the 14/10-bit A-law 
process, but other possibilities exist. This particular 
program structure was chosen because it is rapid in 
its execution; the program contains a relatively 
large number of lines of instructions, but only a 
proportion of the instructions are executed during 
the processing of a sample. A program in which the 
digital sound sample is truncated by shifting within 
a program loop involves writing relatively few lines 
of program, but the repeated testing, shifting, 
jumping and counting involved increases the exe- 
cution time significantly. This is an important 
factor when using a computer to process signals in 
real time. 

A flowchart for the more recent, 14/ 11 -bit A- 
law system is shown in Fig. 5. This is very similar 
to the flowchart of Fig. 4, but contains one 
conditional branch instruction fewer (because there 
are only six compression ranges instead of seven), 
different coefficients for the "AND" operations 
and smaller numbers for rounding the truncated 
samples. 

Figure 6 shows the flowchart for the NICAM- 
3 subroutine. This is rather more complicated than 
either of the A-law subroutines, as it involves not 
only the truncation of samples (in the upper part of 
the diagram) but also the formation of scale factors 
for blocks of 32 samples (in the lower part of the 
diagram) and the control of a buffer store contain- 
ing scale factors and sample words. Part of the 
COPAS random-access memory (RAM) is used as 
the buffer store, and writing to/reading from this 



*As COPAS is a 16-bit processor, the numbers appearing in the 
program are 16-bit numbers. Audio digital converters with resolution 
of 14 or more bits per sample may be used, but the programs described 
in this Report restrict the output samples to [4 bits. 
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Fig. 4 - Flowchart for the 14/10-bit A-law subroutine. Note: numbers are hexadecimal. 
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store involves indirect addressing using a counter* 
in the COPAS bit-slice processor to address the 
sample locations in the RAM. 

4. Description of tests 

Two sets of tests were used to determine and 
compare the programme-modulated noise charac- 
teristics of different combinations of compandors. 
Initially, the programme-modulated noise charac- 
teristics of the individual companding systems and 
of a number of different compandor combinations 
were measured, by applying a low-frequency 
(30 Hz) sinusoidal tone to the a.d.c. and measuring 
the noise level at the output of d.a.c. in the band 
300Hz-15kHz, for a wide range of test signal 
levels at the input to the a.d.c. 5 After the results of 
these measurements had been studied, subjective 
tests were conducted to compare the performance 
of different combinations of companding systems 
as judged by a panel of listeners. 

4.1 Measurement of signal-to-noise ratio 

The measured signal-to-noise ratio character- 
istics for all three types of companding system as 
reproduced by COPAS are shown in Fig. 7. The 
measurements were made without pre- and de- 
emphasis to facilitate comparison with calculated 
signal-to-noise ratios, and the results are in good 
agreement with the theoretical characteristics. 

When a number of instantaneous compandors 
of the same type operate on the sound signal there 
is no increase in programme-modulated quantising 
noise after the first such process, nor is there any 
increase when a number of NICAM-3 processes 
operate on the same 32-sample blocks.** This is 
because after the first companding process all the 
subsequent compressors "map" the linear code 
words into the same compressed code words, and 
the expanders "map" the compressed code words 
back into the same linear code words. Three 
cascaded compandors of each type were represen- 
ted in turn by COPAS, to verify this.t 

When COPAS represented three cascaded 

"The counter used for the subroutine shown diagrammatically in Fig. 
6 is the "program counter" (PC). When more than one NICAM-3 
process is in use, a separate counter is needed for each process (hence 
the need for a separate subroutine for each NICAM-3 process). The 
second NFCAM-3 process in the program or Fig. 3 uses the so-called 
"memory counter" (MC). 

"This condition has been termed "block synchronisation". 

t A special COPAS program was written to represent three NICAM-3 
processes. COPAS is only just fas! enough to complete the necessary 
operations within the 32 kHz sampling period, with a maximum of 8 
samples delay between NICAM-3 processes when the computer is 
required to break the block synchronisation. 
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Fig. 7 - Measured ratio of r.m.s. signal to r.m.s. 
(unweighted) quantising noise for companding sy- 
stems reproduced by COPAS. The measurements 
were made without pre- and de-emphasis. 

NICAM-3 processes with each compressor forming 
the samples into different blocks for compression, 
the increase in programme-modulated noise when 
going from one to three processes was about 1 dB. 

When the signal was subjected to a number of 
different companding processes including the 
14/10-bit A-law process, the programme- 
modulated noise in the final analogue signal was at 
the level normally encountered with a single 14/10- 
bit A-law system irrespective of any other com- 
panding included in the same test. In tests which 
included the 14/1 1-bit A-law process but not 14/10- 
bit A-law, the programme-modulated noise was at 
the level for a single 14/11-bit A-law system. 
Programme-modulated noise introduced by the 
NICAM-3 process could be detected only in tests 
involving no A-law processes (of either type). One 
of the results obtained from the tests involving 
combinations of different compandors, the quantis- 
ing noise characteristic obtained when a 14/11-bit 
A-law process was followed by a single NICAM-3 
process, is shown in Fig. 8 as an example. This 
characteristic is indistinguishable from that for the 
single 14/11-bit A-law process shown in Fig. 7. 

4.2. Subjective tests 

Subjective tests were conducted in which 
listeners, comprising twelve technical staff, com- 
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Fig. 8 - Measured ratio of r.m.s. signal to r.m.s. 
(unweighted) quantising noise for a 14j] I-bit A-law 
process followed by a NIC AM-3 process, reproduced 
by CO PAS. The measurements were made without 
pre- and de-emphasis. 

pared the programme-modulated noise introduced 
into sound signals by different combinations of 
companding systems reproduced by the COPAS 
program described in Section 3.* The noise intro- 
duced by A-law processes of both types was 
compared with that of two cascaded NICAM-3 
processes, and with the noise contributed by a 
three-compandor combination comprising the 
same type of A-law process with two NICAM-3 
processes. Tests were also conducted to compare 
the noise of two NICAM-3 processes cascaded 
with a single A-law process of either type. In all 
tests involving two NICAM-3 processes, the 16- 
sample delay was used to break the block 
synchronisation. 

Two musical items were used for the tests; the 
electronic "Frere Jacques" test signal 6 and an 
excerpt from a Chopin waltz for piano, recorded 
on compact disc. The tests were conducted in a 
listening room with a low ambient noise level, 
representative of good domestic listening con- 
ditions; the mid-band reverberation time was about 
0.3 s and the room volume 85 cubic metres. The test 
material was replayed via a high-quality monitor- 
ing loudspeaker type LS5/8. The requisite CCITT 
pre-emphasis and de-emphasis 7 were applied to the 
analogue signals before and after processing by 
COPAS, respectively. 

* A program for the COPAS 8085 support processor, io facilitate rapid 
selection of companding characteristics for these tesis. was written by 
P. Matice. 



Listeners compared two test items, A and B, 
which were presented twice in each test and in the 
sequence ABAB, and awarded the test a grade 
according to the CCIR 7-point comparison scale.* 
Severe programme-modulated npise was demon- 
strated to the listeners prior to the start of the test, 
and two tests involving the severe programme- 
modulated noise (worse than that of any of the 
systems being tested) were included to provide 
reference "bad" examples and to reduce the risk of 
listeners becoming over-sensitive to minute 
impairments. The results of these "tests" were 
discarded. Duplicated tests were included, with the 
systems being compared in the reverse order for the 
second test, so that twenty-four results were 
obtained for each test. 

The particular combinations of different com- 
panding processes were chosen to include tests to 
show whether the effect of combining the different 
programme-modulated noise characteristics of the 
various compandors would introduce any parti- 
cularly unpleasant effects not revealed by the noise 
measurements. Subjective tests involving multiple 
A-law companding processes (of either type) or 
multiple NICAM-3 processes with block synch- 
ronisation were not considered necessary, as it had 
already been established that these combinations 
would not cause cumulative impairment. 

The results of the tests are shown in Table 1 . 

5. Discussion of results 

The results of the measurements of 
programme-modulated noise introduced by the 
different companding processes, and combinations 
of companding processes, confirmed that the 
NICAM-3 near-instantaneous companding system 
introduces less programme-modulated noise than 
either of the A-law systems. They also implied that 
if a number of NICAM-3 compandors were to be 
connected in tandem with A-law compandors no 
additional impairment would be caused by the 
programme-modulated noise of the NICAM-3 
companding. 

The subjective test results in rows 5 and 6 of 
Table 1 are probably the most important, as they 
show that no severe impairment is introduced into 
the signal when two NICAM-3 companding pro- 
cesses are used in conjunction with either type of 



* The CCIR 7-point scale is as follows: 

3 A much better than B - 1 A slightly worse lhan B 

1 A better than B - 2 A worse than B 

1 A slightly better lhan B -3 A much worse than B 

A same as B 
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Test 

No. 


Systems 


Compared 


Test Item 


Overall 
Mean 
Result 


Standard 

Deviation of 

the Mean Result 


A 


B 


Electronic 

"Frere Jacques" 
signal 


Piano 
Solo 


1. 


Original 
Signal 


NICAM-3 


0.67 


0.08 


0.38 


0.81 


2. 


14/10-bit 

A-law 


2 NICAM-3 
systems 


-2.0 


-0.3 


-1.17 


1.18 


3. 


14/11 -bit 

A-law 


2 NICAM-3 

systems 


-0.58 





-0.29 


0.89 


4. 


NICAM-3 


2 NICAM-3 
systems 


-0.04 


-0.08 


-0.06 


0.62 


5. 


14/11 -bit 
A-law with 
2 NICAM-3 
systems 


14/11 -bit 
A-law 


0.25 





0.1 


0.67 


6. 


14/10-bit 
A-law with 

2 NICAM-3 
systems 


14/10-bit 
A-law 


-0.17 


-0.42 


-0.29 


0.54 


7. 


14/11 -bit 
A-law with 
2 NICAM-3 

systems 


2 NICAM-3 
systems 


-0.92 


-0.17 


-0.38 


0.86 


8. 


14/10-bit 

A-law with 
2 NTCAM-3 
systems 


2N1CAM-3 

systems 


-1.67 


-0.58 


-1.13 


1.05 



Table 1 : Mean grades awarded by listeners in subjective tests to compare different compandor combinations 



A-law process. Listeners preferred NICAM-3 com- 
panding to either type of A-law companding, as is 
evident from rows 2 and 3 of Table 1 and 
supported by the results in rows 7 and 8. 
Predictably, the 14/11-bit A-law system was found 
to give significantly less impairment than 14/10-bit 
A law. The difference between 14/1 l-bit A-law and 
NICAM-3 was less marked. Subjecting a sound 
signal which has already been passed through a 
single NICAM-3 compandor to a second NICAM- 
3 process, without block synchronisation, pro- 
duced a negligible increase in the impairment of the 
signal (row 4 of Table 1), but a signal subjected to a 
single NICAM-3 process was judged to be 0.38 



grade worse than the original signal* (see row 1 of 
Table 1). 

6. Conclusions 

Measurements and subjective tests conducted 
on three digital sound companding systems and on 
combinations of cascaded compandors, with the 
sound signal remaining in digital form for the 
connection between systems, have shown, as ex- 
pected, that NICAM-3 near-instantaneous com- 
panding introduces less programme-modulated 

* The original signal had been converted into digital form and back to 
analogue by a 16/12-bit floating-point a.d.c. and d.a.c. 8 
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quantising noise than either of the A-law instanta- 
neous companding systems. They also showed that 
little, if any, increase in the programme-modulated 
noise occurs when a sound signal which has been 
processed in A-law equipment (or which is to be 
processed subsequently by A-law equipment) is 
also subjected to NICAM-3 companding. 

When compandors of the same type are 
cascaded, no cumulative increase in the 
programme-modulated quantising noise occurs in 
the case of A-law companding or in the case of 
NICAM-3 companding when the compressors 
form the same sample-blocks for compression 
("block synchronisation"). When NICAM-3 com- 
pandors are cascaded without block synchronis- 
ation, each successive companding process con- 
tributes a very slight increase in programme- 
modulated noise. 

Because the nature of the programme- 
modulated noise is different for instantaneous and 
near-instantaneous companding, some of the sub- 
jective tests were directed specifically at studying 
whether the cascading of different types of 
compandor introduces any unusually obtrusive 
impairments. There was no evidence in any of the 
tests to suggest that this is the case. 

7. References 

1 . McNALLY, G.W. and GILCHRIST, N.H.C., 
1979. The use of a programmed computer to 
compare the performance of digital compand- 
ing systems for high-quality sound signals. 
EBU Review (Technical), No. 178 (December 
1979). 

2. GILCHRIST, N.H.C., 1978. Digital sound 
signals: tests to compare the performance of 



6. 



8. 



five companding systems for high-quality 
sound signals. BBC Research Department 
Report No. 1978/26. 

McNALLY, G.W., 1979. COPAS - a high 
speed real-time digital audio processor. BBC 
Research Department Report No. 1979/26. 

CCITT, 1977. Proposal for a system for the 
multiplexing and digital coding of sound 
signals with instantaneous companding. 
Document COM. XVIH, No. 85 (Study 
period 1977-1980). 

GILCHRIST, N.H.C., 1982. Digital audio 
impairments and measurements. Paper presen- 
ted at the Audio Engineering Society confer- 
ence "New World of Digital Audio" (New 
York, 1982). AES Conference publication 
"Digital Audio' 1 , September 1983, pp. 67-75. 

MANSON, W.I. and REID, D.E., 1977. Two 
audio test-signal generators for assessing 
programme-modulated noise in digital com- 
pandors. BBC Research Department Report 

No. 1977/4. 

CCITT, 1981. Recommendation J. 17. Pre- 
emphasis used on sound programme circuits 
in group links. Seventh Plenary Assembly 
(Geneva, 1980) Yellow Book, Vol. Ill, 4, p. 75. 

GILCHRIST, N.H.C., 1980. Analogue-to- 
digital and digital-to-analogue converters for 
high-quality sound. Paper presented at the 
65th Convention of the Audio Engineering 
Society (London, 1980). /. Audio Eng. Soc. 
(abstracts), Vol. 28, p. 372 (May 1980), 
preprint 1583. 



NHCG 

(EL-172) 



12 



Printed by BBC RESEARCH DEPARTMENT, Kingswood Warren, Tadworth, Surrey, KT20 6NP 



